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57 ABSTRACT

Procedures for identifying audio clients in a media session are
described. A gateway device may provide a unique identifier
for identifying the audio client/user agent instance. In an
example, a globally routable user agent universal resource
indicator (GRUU) may be mapped to the gateway device
servicing the audio client and a unique identifier may be
provided. In examples, the gateway device may include a grid
and grid value for identifying the audio client.
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1

GLOBAL ROUTABLE AND GRID
IDENTIFICATION FOR AUDIO PROVIDER IN
MEDIA SESSION

BACKGROUND

Some media clients lack the ability to provide identifica-
tion in a session, such as a media conference. For instance,
while a publicly switched telephone network (PSTN) device
may participate in a session initiated protocol (SIP) event, the
PSTN phone may not identify itself (the device) within the
conference. Thus, when providing content, the PSTN phone
may not identity itself as the source of the audio data. Corre-
spondingly, the other participating clients may not be able to
identify the PSTN client within the session. Thus, another
client may not target the PSTN client such as if the other client
wishes to transfer a “call” or the like.

SUMMARY

Procedures for identifying audio clients in a media session
are described. A gateway device may provide a unique iden-
tifier for identifying the audio client/user agent instance. In an
example, a globally routable user agent universal resource
indicator (GRUU) may be mapped to the gateway device
servicing the audio client and a unique identifier may be
provided. In examples, the gateway device may include a grid
and grid value for identifying the audio client.

This Summary is provided to introduce a selection of con-
cepts in a simplified form that are further described below in
the Detailed Description. This Summary is not intended to
identify key features or essential features of the claimed sub-
ject matter, nor is it intended to be used as an aid in determin-
ing the scope of the claimed subject matter.

BRIEF DESCRIPTION OF THE DRAWINGS

The detailed description is described with reference to the
accompanying figures. In the figures, the left-most digit(s) of
areference number identifies the figure in which the reference
number first appears. The use of the same reference numbers
in different instances in the description and the figures may
indicate similar or identical items.

FIG. 1 illustrates an environment in an exemplary imple-
mentation that may use technologies to identify an audio
client.

FIG. 2 is a flow diagram depicting a procedure in an exem-
plary implementation in which a unique identifier identifies
an audio client.

DETAILED DESCRIPTION

Overview

Techniques are described to identify an audio client pro-
viding content in a media session. In one or more implemen-
tations, systems are discussed in which an audio client joining
a media session may be uniquely identified by a grid value. A
globally routable user agent URI (GRUU) may be mapped to
a gateway device servicing the audio client with a grid
applied. Thus, the particular audio client (user agent) instance
may be identified directly/indirectly through the GRUU
(mapped to the gateway device), the grid, and grid value
(identifying the client). The GRUU, grid, and grid value may
be included as part of a header portion of a session initiated
protocol (SIP) invite or other SIP signals for establishing,
modifying, maintaining, terminating, and so on a session
between clients. In this manner, the particular client may be
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identified for one or more application used in conjunction
with the session. For instance, the unique identifier may be
used across several application used in conjunction with the
media session.

For example, the particular audio client may be identified
among one or more address-of-record (AOR) if the audio
client device supports multiple accounts, more than one hand-
set, and so on. Thus, the particular client user agent instance
may be used when transferring, re-inviting and/or other SIP
signaling procedures or similar procedures. For audio clients
that support limited functionality, such as phones having ring
and audio send/receive functionality, the gateway device and/
or other gateway (e.g., PSTN gateway) may bridge between
the SIP environment and the PSTN environment (e.g., convert
between packet data/traditional electrical telephone signal-
ing). In implementations, the gateway device and PSTN gate-
way may be formed as a unit.

In further implementations, client identification informa-
tion may be inserted into the real-time control protocol
(RTCP) canonical name (CNAME) field (e.g., into a field in
the RTCP control packets) for identifying the audio content
provider. For example, the GRUU, gird and grid value may be
included in a CNAME field for identifying the source of the
content. Thus, the other clients may identify the audio client
(e.g., the talker) based on the GRUU, grid, and grid value in
the RTCP CNAME field.

In implementations, techniques are described in which a
GRUU may be mapped to a gateway device which may ser-
vice a one or more audio clients in a media session. The
gateway device may provide a grid and a grid value for
uniquely identifying an audio client within the session. For
example, a GRUU, a grid, and a grid value may be included in
a SIP invite header when establishing communications
through a host, such as an audio/video switching server
(AVMCU)) for uniquely identifying the client (e.g., the user
agent for the client).

Exemplary Environment

FIG. 1 illustrates an environment 100 in exemplary imple-
mentations that are operable to employ audio client identifi-
cation. For example, a unique identifier may be used to iden-
tify a particular audio client joining (and subsequently
participating) in a media session. While SIP procedures are
discussed herein, the system and techniques may be used with
other signaling methodologies.

Inimplementations, a gateway device 102 may be included
for servicing a plurality of audio clients in a media conference
or other SIP session. For example, the gateway device 102
may forward audio client media content to an audio/video
switching server 104 (AVMCU). The AVMCU processor 105
may mix/switch a media session including audio/video client
send/receive media streams (such as computers having a web
camera and microphone 106, 108), in addition to, the audio
clients and so on. For example, clients may have audio/video
capability, may be able to obtain/send other media data such
as white board information. Correspondingly, the gateway
device 102 may forward content from the AVMCU 104 to the
associated audio clients. While a AVMCU is described, the
techniques and structures discussed herein may be used for
other SIP events such as voice over internet protocol (VoIP)
telephone calls and so on.

The gateway device 102 and audio/video clients may be
connected to the AVMCU 104 via a network such as the
Internet or other suitable communication networks. In further
implementations, additional gateway devices may be
included for performing in a substantially similar manner as
the gateway device 102 discussed herein.
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During signaling, such as when an audio client is attempt-
ing to join a media session, the audio client may join the
session (e.g., a telephone participant calling into the session)
by sending the gateway device 102 a request. For example, if
a voice over internet protocol (VoIP) telephone is used, the
“call” may be forwarded through the gateway device 102. For
public switched telephones (such as a first and second public
switched telephone network (PSTN) telephones), the gate-
way device 102 and a PSTN gateway 112 may bridge between
the AVMCU 104 and the PSTN telephone(s) 114. In
instances, a private branch exchange (PBX) gateway 116 may
be interposed between the gateway device 102 and the audio
client. For example, an enterprise may use a PBX gateway
116 for telephones located in a branch office (a first PBX
telephone 118 and a second PBX telephone 120 are dis-
cussed). For PSTN or PBX connected telephones, the PSTN
gateway and the client phones may be connected using a
standard land line or two wire system, while subsequent com-
munication may be communicated over networks supporting
packet data transport. In other instances, the gateway device
may function as a PBX or PSTN gateway so that audio con-
tent flows from the audio client to the gateway device and to
a AVMCU or other servers to a target client or clients.

While an audio client initiated request is discussed, other
invitation mechanisms may occur. For example, a current
client may request an audio client join the media conference
or session. In this situation, the request may be forwarded via
the AVMCU 104, and the gateway device 102 before being
forwarded through a PSTN gateway to the target audio client.
In implementations, the gateway device may additionally
function as a PSTN gateway and/or a BPX gateway. For
example, audio client content may flow to the gateway device
102 and to the AVMCU 104. In other implementations, the
gateway device may act as an intermediate as a VoIP conver-
sation passes from the client through the gateway device to
one or more intermediary servers before reaching a target
client.

As part of joining a session, the gateway device 102 may
access a directory service 122 such as an ACTIVE DIREC-
TORY (Microsoft Corporation, Redmond, Wash.) service.
The directory service may include management information
regarding the client. For example, the directory service may
provide information regarding the client capabilities and so
on forusein SIP signaling (e.g., joining the client in the media
session). Additionally, utilities, such as WINDOWS Manage-
ment Instrumentation (WMI) available from Microsoft Cor-
poration, Redmond, Wash., may be used for obtaining rel-
evant property information in conjunction with the directory
service. For example, the WMI may provide the GRUU to
gateway device. The directory service may be included in the
gateway device 102 or be maintained in an ancillary device
operating in conformance with WMI.

The gateway device processor 123 may generate a unique
identifier for the audio client (e.g., the particular client
instance). For example, the gateway device 102 may include
an identification module 124 which inserts a GRUU for the
gateway device 102 and generates a grid and grid value. The
latter value may uniquely identify the particular instance for
the audio client audio media stream. Thus, the particular
audio client (e.g., the user agent instance) may be identified
from among the address-of-record properties for the audio
client’s user agent, if applicable. For limited functionality
audio clients (such as PSTN telephones having ring and send/
receive capability), the signaling may be directed to a com-
mon user agent instance as the device may not support higher
multiple functionalities which may employ multiple user
agents.
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The gateway device 102 may forward to an interim server
126 the client request, the GRUU, the grid, and the grid value.
Additionally, the directory service information may be
included. The interim server 126 may function as an interme-
diary when joining session clients, maintaining the session,
terminating the session and so on (e.g., during SIP signaling).
For example, the interim server 126 may generate and send,
via the host (the AVMCU 104), a SIP invite, or signaling
protocol request for establishing a communication. For
example, the interim server 126 may be a MICROSOFT Live
Communication Server (Microsoft Corporation, Redmond,
Wash.). Resultant content communications may flow
between the AVMCU 104, the gateway device 102, and to the
audio client. Put another way, while the interim server 126
may participate in signaling (i.e., SIP procedures), the interim
server 126 may not participate in media transfers. In other
instances, the content may flow from the gateway device
through other intermediary severs to a target client. For
example, while the gateway device may insert the GRUU,
grid, and grid value, the SIP invite may be included in the SIP
invite contact header for identifying the client sent routed
through the interim server. Other configurations may be avail-
able as well.

The gateway device 102 may generally function as a proxy
for the plurality of phones. For example, when communicat-
ing audio content, the gateway device 102 may forward media
content between the AVMCU 104 and the individual audio
clients. Thus, the gateway device 102 may insert a globally
routable user agent URI (GRUU) and include a grid and a grid
value for the particular instance. For example, the grid value
may be inserted into the CNAME filed in the RTCP packet.
The GRUU, the grid, and grid value may also be used for
identifying the particular client while establishing, maintain-
ing, modifying or terminating the media session. In this fash-
ion, the particular user agent for the audio client may uniquely
identifiable by the GRUU, the grid and grid value. For
example, if a SIP re-invite were issued, the particular audio
client instance may be signaled.

During media content communication, the GRUU, the
grid, or the grid value (or combinations thereof) may be
inserted into control information packets. For example, the
gateway device 102 may insert the GRUU, grid and grid value
in the RTCP CNAME field to identify the source of the audio
content. For instance, the GRUU, grid and grid value may be
inserted in a RTCP packet included for controlling real-time
protocol (RTP) data flow so that the talker may be uniquely
identified based on the client device being employed. Addi-
tionally, an audio client user may input (such as through a
touch pad) a name or moniker which may be associated with
the GRUU, grid and grid value which may be displayed on
audio/video client display screens when the audio client is
providing media content.

Generally, any of the functions described herein can be
implemented using software, firmware, hardware (e.g., fixed
logic circuitry), manual processing, or a combination of these
implementations. The terms “module,” “functionality,” and
“logic” as used herein generally represent software, firm-
ware, hardware, or a combination thereof. In the case of a
software implementation, for instance, the module, function-
ality, or logic represents program code that performs specified
tasks when executed on a processor (e.g., CPU or CPUs). The
program code can be stored in one or more computer readable
memory storage devices, e.g., memory.

The following discussion describes techniques that may be
implemented utilizing the previously described systems and
devices. Aspects of each of the procedures may be imple-
mented in hardware, firmware, or software, or a combination
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thereof. The procedures are shown as a set of blocks that
specify operations performed by one or more devices and are
notnecessarily limited to the orders shown for performing the
operations by the respective blocks.

Exemplary Procedures

The following discussion describes methodologies that
may be implemented utilizing the previously described sys-
tems and devices. Aspects of each of the procedures may be
implemented in hardware, firmware, or software, or a com-
bination thereof. The procedures are shown as a set of blocks
that specify operations performed by one or more devices and
are not necessarily limited to the orders shown for performing
the operations by the respective blocks. A variety of other
examples are also contemplated.

FIG. 2 discloses exemplary procedures for using grid iden-
tification for media session audio clients. For example, the
techniques discussed herein may be used during signaling
(e.g., SIP procedures), as well as, with media content trans-
port, for identifying an audio client or talker.

In conjunction with SIP signaling, a gateway device pro-
cessor may insert 202 a mapped GRUU, for globally identi-
fying the gateway device, into the SIP invite. For example, the
GRUU may be included in a SIP invite contact header, and so
on. In this manner, another client user agent, signaling the
audio client, associated with the gateway device, may rout the
audio client SIP invite request via the gateway device GRUU.
For example, another client user agent may use the GRUU
when signaling a PSTN telephone audio client.

The gateway device may generate 204 a unique identifier
for the audio client. The identifier may uniquely identify the
audio client/user agent instance for one or more applications.
For example, the gateway device identification module in
conjunction with a processor may generate a grid and grid
value so that the audio client may be uniquely identified. For
example, the audio client may be identified from among the
audio clients serviced by the gateway device. The audio client
identification may be done at the stream level so that the
particular audio client user agent instance associated with the
stream is identified. In some implementations, the identifica-
tion may be associated with more than one audio client, such
as if the audio client streams are combined when forwarded
through a PSTN gateway.

When issuing a SIP invite, the grid and grid value may be
provided 206, such as by the gateway device processor, in the
contact header along with the GRUU mapped to the gateway
device. For example, the gateway device may identify the
audio client based on the GRUU, grid, and grid value
(uniquely identifying the client among the client indicated by
the grid) included in the SIP invite contact header. Thus, an
interim server may send 208 the host the SIP invite including
the inserted GRUU, grid and grid value in accordance with
SIP procedures. In implementations, an intermediary server
may be used for SIP communications between the gateway
device and the host or other intermediary server. For example,
if an audio client attempts to join a media session, the GRUU,
grid and grid value may identify the audio client/particular
user agent instance for the audio client to other clients in the
media session via the AVMCU server. For example, a server
functioning in accordance with MICROSOFT Live Commu-
nication Server (Microsoft Corporation, Redmond, Wash.)
may be used.

During content transfer, the gateway device may insert 210
the GRUU, grid, or grid value (or combinations thereof) into
data flow control packets. For example, the GRUU, grid and
grid value may be included in a CNAME field in a RTCP
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6

packet header as the gateway device forwards audio content
to the AVMCU. RTCP may be used to control the data flow
occurring in a RTP fashion.

Conclusion

Although the invention has been described in language
specific to structural features and/or methodological acts, it is
to be understood that the invention defined in the appended
claims is not necessarily limited to the specific features or acts
described. Rather, the specific features and acts are disclosed
as exemplary forms of implementing the claimed invention.

What is claimed is:

1. A method for identifying an audio client in a media
session, the method comprising:

mapping a globally routable user agent universal resource

indicator (GRUU) to a gateway device servicing the
audio client in the media session;

generating a unique identifier for identifying the audio

client in the media session, the unique identifier com-
prising:

an identification of a grid;

a grid value identifying the audio client; and

the GRUU;,

associating the unique identifier with the audio client; and

providing the unique identifier to one or more clients in the

media session.

2. The method as described in claim 1, wherein the unique
identifier is based on a particular instance associated with the
audio client.

3. The method as described in claim 1, wherein the unique
identifier is associated with the audio client content stream in
a real-time control protocol (RTCP) canonical name
(CNAME) field.

4. The method as described in claim 1, wherein the method
is conducted in conjunction with a session initiated protocol
(SIP).

5. The method as described in claim 1, wherein the unique
identifier is provided in session initiated protocol (SIP)
header.

6. The method as described in claim 1, wherein the audio
client is a public switched telephone network (PSTN) tele-
phone.

7. One or more computer-readable storage media compris-
ing computer-executable instructions that, when executed by
a processor communicatively coupled to the one or more
computer-readable storage media, direct a computing system
to:

map a globally routable user agent universal resource indi-

cator (GRUU) to a gateway device servicing an audio
client in a media session;

generate a unique identifier for identifying the audio client

in the media session, the unique identifier comprising:
an identification of a grid;
a grid value identifying the audio client; and
the GRUU;,
associate the unique identifier with the audio client; and
send a session initiated protocol (SIP) invite to one or more
clients in the media session, the SIP invite including a
header having the unique identifier and a unique audio
stream identifier identifying a particular audio client
instance.

8. The one or more computer-readable storage media as
described in claim 7, wherein the audio client is a public
switched telephone network (PSTN) telephone.

9. The one or more computer-readable storage media as
described in claim 7, wherein the SIP invite is sent by a server
which is not a party to a content communication of the par-
ticular audio client instance.
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10. The one or more computer-readable storage media as
described in claim 7, wherein the unique identifier is included
in a real-time control protocol (RTCP) canonical name
(CNAME) field associated with the particular audio client
instance.

11. A system comprising:

a gateway device servicing a plurality of audio clients in a
media session, the gateway device being configured to:
receive a globally routable user agent universal resource

indicator (GRUU) identifying the gateway device;
generate a grid identification and a grid value identifying

an individual audio client included in the plurality of
audio clients; and

generate a unique identifier that identifies the individual
audio client in the media session, the unique identifier
comprising the GRUU, the grid identification, and the
grid value; and

forward the unique identifier to an interim server; and

8

the interim server communicatively coupled to the gateway
device and being configured to:
generate a session initiated protocol (SIP) invite;
insert the forwarded unique identifier into an SIP invite
header; and
send the SIP invite having the SIP invite header to the
plurality of audio clients in the media session.

12. The system as described in claim 11, wherein the
interim server does not participate in transporting individual
audio client content.

13. The system as described in claim 11, wherein the grid
value identifies a particular individual audio client instance.

14. The system as described in claim 11, wherein the indi-
vidual audio client is a public switched telephone network
(PSTN) telephone.

15. The system as described in claim 11, wherein the gate-
way device inserts the grid value in a real-time control pro-
tocol (RTCP) canonical name (CNAME) field.

#* #* #* #* #*



